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(57) A transmitter-receiver comprising: acoustic 
transducing means composed of a bone-conducted 
sound pickup microphone (14) for picking up a bone- 
conducted sound, a directional microphone (15) for 
picking up an air-conducted sound, an omnidirectional 
microphone (16) for detecting noise, and a receiver (17) 
for transducing a received speech signal to a received 
speech sound; a low-pass filter (22B) which permits the 
passage therethrough of those low-frequency compo- 
nents in the output from said bone-conducted sound 
pickup microphone which are lower than a predeter- 
mined cutoff frequency; a noise suppressing part (20N) 
which combines the outputs from said directional micro- 
phone (15) and said omnidirectional microphone (16) to 
suppress a noise component; a high-pass filter (22A) 
which permits the passage therethrough of those high- 
frequency components in the output from said noise 
suppressing part which are higher than said cutoff fre- 
quency; a combining circuit (26) which combines the 
outputs from said low-pass filter and said high-pass fil- 
ter and outputs a speech sending signal; and means 
(27) for supplying said received speech signal to said 
receiver. 
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Description 

TECHNICAL FIELD 



5 r0001l The present invention relates to a transmitter-receiver which comprises an ear-piece type acoust.c transducing 
oartnavinS a microphone and a receiver formed as a unitary structure and a transmitting-receiving arcuit connected to 
Z Z ^rtrTnsdudng part and which permits hands-free communications. More particu.arly the mvent.on pertains 
ta^ZreceJ^ has an air-conducted sound pickup microphone and a bone-conducted sound pickup. 

10 BACKGROUND OF THE INVENTION 

ro002] Conventional this kind of transmitter-receiver employs, as its ear-piece or J^^^'lS 

bca^^ 

s advantageous in that it can be used even in a high-noise environment and ^^^^^S^Xdt 
ever this transmitter-receiver is not suited to ordinary communications because of .ts disadvantages that the clarity or 
ZtL Star of transmitted speech is so low that the listener cannot easily identify the talker, that the clarity of art o 
SErT^^S^Sg«««y varies from person to person or according to the way of setting the acoustK, 
Sduc ng part on an ear, and that an abnormal sound as by the friction of cords is also picked up. On the other hand 
the transmftter-receiver of he type utilizing air conduction is more excellent in clarity than the above but has defects that 
JiSS.II5n.ndle when the sound pickup tube is .ong and that the speech sending signal ,s readily affected 

^St^^^^^ micr °e hone picks up sounds having propa9ated through the a L and T, 

has a Jure "a th Z Equality of the picked-up speech signals is relatively good but is ^<^»«£»« 
no se ?hl bo e conducted sounS pickup microphone picks up a talks* vocal sound transmitted through the ^skull into 
thTear set and nence has a feature that the tone quality of the picked-up speech signal ,s relatively low because of 
2™ Nation of components above 1 to 2 kHz but that the speech signa. is relatively free from the influence of amb, 
enTnoise As tra^itter-receiver assembly for sending excellent speech (acoustic) signals through utilization of the 
merSr 0 f such a r-conducted sound pickup microphone and bone-conducted sound pickup microphone, 
dosed 1 Japanese Utility Model Registration Application Laid-Open No. 206393/89 a device according to the prior art 
porTon of ^claim 1 that mixes the speech signal picked u P by the air-conducted sound pickup rmcrophone and the 
sDeech sianal picked up by the bone-conducted sound pickup microphone. „,,..„«„„ 
0005] AccorSing to this device, the speech signals from the bone conduction type microphone and the 
vne microphone are both applied to a low-pass filter and a high-pass filter which have a cutoff frequency of 1 to 2 kHz, 
hen ^^STrttonu^S. and combined by a mixer into a speech sending signal With this configuration, low-fre- 
ouenc Noises in the output from the air conduction type microphone which are lower than the cutoff frequency are 
? e rved Tnd i is possib^ to remove or cancel components higher than the cutoff frequency ,n the noise which he 
bonrconduction type microphone is likely to pick up, such as frictional noise by the friction between a cord extending 
froJ the ea ZxZZ human body or clothing, or wind noise by the wind blowing against the ear set. Moreover, m a 
hTch Sse environment the SN ratio of the speech sending signal can be improved by decreasing the attenuation of 
tnfbrcondred sound signa, from the .ow-pass fi.ter and increasing the attenuation of the air-conducted sound s,g- 

SST ^ ,eve, of noise from the air-conducted sound pickup microphone is 
high the requency components higher than the cutoff frequency need to be appreciably attenuated for f the , purpose of 
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SUMMARY OF THE INVENTION 

F00071 It is therefore an object of the present invention to provide a transmitter-receiver which automatically processes 
CSJ^^ST^ * accordance with use environments (such as the tone qua.ity and the amount of sound) to 

SIZTSS transmitter-receiver as claimed in claim 1. Preferred embodiments are subject- 

S"] ^K 1 ?!^ invention, it is possible to efficiently cancel the noise component in the air-conducted 
sound by me noise Jompo'nent from the omnidirectionna. microphone and to effectively prevent how.,ng which resu.ts 
from the coupling the speech sending signal and the received speech signal. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0010] 

Fig. 1 is a sectional view illustrating the configuration of an acoustic transducing part for use in a first embodiment 
Fig . 2 * anagram Sating the construction of a transmitting-receiving circuit connected to the acoustic 
Fig. 3 T?Z^S^9 the characteristics of a directional microphone and an omnidirectional micro- 
Pin a K table for explaining control operations of a comparison/control circuit 24 shown in Fig. 2; 
Fig. 5 is a biock diagram illustrating a transmitter-receiver according to a second embodiment of the present 

25 Fig 6 iHgraph showing the relationship between the tone quality of an air-conducted £ 
ambient noise level, and the relationship between the tone quality of a bone-conducted sound signal and 

Fig 7 IslTXhoSgTe relationship of the ambient noise level to the level ratio between the bone-con- 

ducted sound signal and the air-conducted sound signal in the listening or silent state; 
Fig 8 is a graph showing the relationship of the ambient noise level to the .eve, ratio between the bone-con- 

ducted sound signa. and the air-conducted sound signal in the talking or double-talk.ng state, 
Fin q is a table for explaining operating states of the Fig. 5 embodiment; 

Fig IDA is a blocked diagram showing the construction of a signal mixing circuit which is used as a substitute for 

each of signal select circuits 33, to 33 n in the Fig. 5 embodiment; 
Fiq 10B is a graph showing the mixing operation of the circuit shown in Fig. 10A; 
Fig' 11 is a block diagram illustrating a modified form of the Fig. 5 embodiment; and 

Fig. 12 is a block diagram showing the comparison/control circuit 32 in F.g. 5 or 11 constructed as an analog c.r- 
cuit. 

40 DESCRIPTION OF THE PREFERRED EMBODIMENTS 

F001 1] In Fig 1 there is schematically illustrated the configuration of an ear-piece type acoustic transducing part 1 0 
Z Ise in an embodiment of the present invention. Reference numeral 11 denotes a case of the ear-piece type acoustic 
Isducin ^Part lu wh IL various acoustic transducers described later are housed, 12 a lug or protrusion fonnser 
t onSo Z aud tory canal 50, and 1 3 a sound pickup tube for picking up air-conducted sounds. The sound p.*up tube 
3 i TesigneS s L?K faces the user's mouth when the lug 12 is put in the auditory canal 50; that ,s, -t is adapted o 
P ick up ^sounds only in a particular direction. The lug 12 and the sound pickup tube 13 are formed as a unitary structure 

ToOlS 6 Reference numeral 14 denotes an acceleration pickup (hereinafter also referred to as a bone-conducted sound 
mic ophoneT or picking up bone-conducted sounds, and 15 a directional microphone for picking up air-conducted 
sTr^dsT ' an air Conducted sound pickup microphone), which has such directional characteristics that its sensitivity 

£«. in the direction of the sound pickup tube 13). ^J"^^ 
1 5 has its directivity defined by the combining of sound pressure levels of a sound p.cked up from the front of the micro 
phone 5 ld a sound picked up from behind through a guide hole 11. Accordingly, the direct.v.ty could a.so^ be 
obtained even if the sound pickup tube 1 3 is removed to expose the front of the directional microphone 1 5 in the surface 

^l^eference numeral 16 denotes an omnidirectional microphone for detecting noise, which has a sound pickup 
Lperture or SnTng'the direction opposite to the directions microphone 15. Reference numera, 17 denotes an elec- 
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tro-acoustic transducer (hereinafter referred to as a receiver) for transducng a receded speech signal into a 
1 8 lead wires for interconnecting the acoustic transducing part 1 0 and a transm,tt.ng-rece.v,ng 

the transmitting-receiving circuit 20 has its terminals T A , T B . T c and T D connected via the lead wires 1 8 to the directorial 
!!!!crX^. the bone-conducted pickup sound microphone 14, the receiver 17 and the omn,d,rect,onal microphone 

16, respectively. , ., „„ 

r00141 In Fig 2 there is shown in block form the configuration of the transmitting-receiving circuit 20 wh.ch is con- 
nected to the acoustic transducing part 10 exemplified in Fig. 1 . In Fig. 2 terminals T A , T B . T c and T D are connected to 
those Ta To T r and T D in Fig. 1, respectively. . , , 41 _ 

[0015] Reference numeral 21B denotes an amplifier for amplifying a bone-conducted sound s.gnal from the micro- 
phone 14 and 21A an amplifier for amplifying an air-conducted sound signal from the direct.onal, microphone 15. The 
gains of the amplifiers 21B and 21 A are preset so that their output speech signal levels during a no-no.se period; are , of 
about the same order at the inputs of a comparison/contro. circuit 24 described later. Reference 
an amplifier which amplifies a noise signal from the noise detecting omn.d.rect.onal microphone 16 and whose gain .8 
□reset so that its noise output during a silent period becomes substantially the same as the no.se output level of the 
amSer 21A in a noise suppressor circuit 23 described later. The amplifiers 21A and 21B and the noise suppressor 
Tcuits 23 constitute a noise suppressing part 20N. The noise suppressor circuit 23 substantially cancels the noise s.g- 
naf bj adding together the outputs from the amplifiers 21 A and 21 U after putting them 1 80° out of phase to each other. 
[0016] Reference numeral 22B denotes a low-pass filter (LPF). which may preferably be one that approbates char- 
acteristics inverse to the frequency characteristics of the microphone 14 used; but it may be a simple ^P?» 
a characteristic such that it cuts the high-frequency components of the output s.gna Jfron, i the amplifier 21B but passes 
therethrough the low-frequency components, and its cutoff frequency is selected within the range of 1 tc ,2 kHz. Refer- 
ence numeral 22A denotes a high-pass filter (HPF), which may preferably be one that approximates charactensbcs 
inverse to the frequency characteristics of the directional microphone 15; but it may be a s.mple high-pass filter of a 
characteristic such that it cuts the low-frequency components of the output signal from the noise suppressor crcu, 23 
and passes therethrough the high-frequency components, and its cutoff frequency is selected within the range of 1 to 

[0017] The directional microphone 15 and the omnidirectional microphone 16 bear such a relationship of sensitiv.ty 
characteristic that the former has a high sensitivity within a narrow azimuth angle but the latte 
in all directions as indicated by ideal sensitivity characteristics 15S and 16S ,n Fig. 3, respec .vely. Then, assuming that 
the ambient noise level is the same in any directions and at any positions, and letting the total amount of no.se energy 
per unit time applied to the omnidirectional microphone 16 from all directions be represented by the surface area N y of 
a sphere with a radius r, the noise energy per unit time applied to the directional microphone 15 ,s represented by an 
area N A defined by the spreading angle of its directional characteristic on the surface of the sphere. Hence, their energy 
ratio N A /Nn takes a value sufficiently smaller than one. Now, assume that the amounts of speech energy S A and S u 
applied to the directional microphone 15 and the omnidirectional microphone 16 take the same val ue S. anc Met the 
gains of the amplifiers 21 A and 21U be represented by G A and Gu , respectively. By setting that a value G A N A is nearly 
equal to a value G^y, noise is substantially canceled by the noise suppressor circuit 23 but the speech s.gnal level at 
the output of the noise suppressor circuit 23 becomes G A S-G uS =G A S(1-N A /N u ) , since the energy ratio N A /Nu is 
sufficiently smaller than one, the speech level is nearly equal to G A S-this indicates that a speech signal in the air-con- 
ducted sound signal can effectively extracted therefrom ideally. The noise suppressing effect that could be achieved by 
the directional microphone 15, the omnidirectional microphone 16 and the noise suppress.ng part 20N actually used 
was typically in the range of 3 to 10 dB. 

[00181 In Fig. 2 the bone-conducted sound signal and the air-conducted sound signal, wh,ch have their frequency 
characteristics equalized by the low-pass filter 22B and the high-pass filter 22A, respectively, are applied to the com- 
parison/control circuit 24, wherein their levels V B and V A are compared with predetermined reference levels V RB and 
\L respectively. Based on the results of comparison, the comparison/control circuit 24 controls losses L B and L A of 
variable loss circuits 25B and 25A, thereby controlling the levels of the bone- and air-conducted sound signals. A mixer 
circuit 26 mixes the bone-conducted sound signal and the air-conducted sound signal having passed through the vari- 
able loss circuits 25B and 25A. The thus mixed signal is provided as a speech sending signal S T to a speech sending 
signal output terminal 20T via a variable loss circuit 29T. A comparison/control circuit 28 compares the leve of a speech 
receiving signal S R and the level of the speech sending signal S T with predetermined reference ' '^ ,8 J^^^ 
respectively, and, based on the results of comparison, controls the losses of variable loss circuits 29T and 29R thereby 
controlling the levels of the speech sending signal and the speech receiving signal to suppress an echo or h ™ l,n 9- ™® 
speech receiving signal from the variable loss circuit 29R is amplified by an amplifier 27 to an appropriate level and then 
55 applied to the receiver 17 via the terminal T c . , ^...m™,, 

100191 Fiq 4 is a table for explaining the control operations of the comparison/control c.rcuit 24 in F.g. 2. The compar- 
ison/control circuit 24 compares the output level V B of the low-pass filter 226 and the output level V A of the high-pass 
filter 22A with the predetermined reference levels V RB and Vra, respectively, and determ.nes if the bone- and air-con- 



4 



10 



15 



20 



25 



EP 0 984 660 A2 

ducted sound signals are present (white circles) or absent (crosses), depending upon whether the output levels are 
highe?or lowe han The reference levels, .n Fig. 4. state 1 indicates a state in which the bone-conducted sound signal 
She ou^u^om the low-pass filter 23B) and the air-conducted sound signal (the output from the ^f-^^J^ 
both frequency-equalized are present at the same time, that is. a speech sending or talking state^ State 2 nd.cates a 
state mwWch the bone-conducted sound signal is present but the air-conducted sound signa ,s absent, that is state 
fn whichte microphone 14 is picking up abnormal sounds such as wind noise of the case 1 1 and frict.ona. sounds by 
he lead wiL 18 and the human body or clothing. State 3 indicates a state in which the air-conducted sound s.gna lis 
present buHhe bone-conducted sound signa. is absent, that is, a state in which no speech signa ls be.ng sent and he 
^component of the ambient sound picked up by the directional microphone 1 5 which has not been canceled by he 
no e suppres" c Lit 23 is being outputted. State 4 indicates a state in which neither of the bpn^^-^ndueM 
sound signals is present, that is. a state in which no speech signal is being sent and no noise .s present. T 
operations described in the right-hand columns of the Fig. 4 table show the operations wh.ch the comparison/control 
TcTlT^s i^ respe'ct to the variable loss circuits 25B and 25A in accordance with the above-ment,oned 
states 1 to 4, respectively. 

[0020] Next, a description wi.l be given of the operation of this embodiment of the above cons 
of this transmitter-receiver utters a vocal sound with the ear-piece type acoustic transducing part 10 of F,g. 1 put on , his 
o r he" ear th J Oration of the skull as well as aerial vibration are created by the vibration of the vocal chords. The v.bra^ 
Son of the skull is picked up as a bone-conducted sound signal by the microphone 14, from wh.ch the signal is provided 
via tSe na Tb to the amplifier 21 B. The aerial vibration of the speech is picked up by the directional microphone 
T 5 from which the signal is provided as an air-conducted sound signal to the amplifier 21A via the terminal T* 
0021] Tn general as compared with the air-conducted sound, the bone-conducted sound has many low-frequency 
components m kes less contribution to articulation and contains, in smaller quantity high-frequency components 
wTch are important for the expression of consonants. On the other hand, abnormal sounds such as wind no, se by the 
wind bfowing against the case 1 1 and fractional sound between the cords (.ead wires) 1 8 and the human body or ctelh- 
^JSZnTEL and higher frequency bands than the cutoff frequencies of the filters 22A and 22B. Such wind 
no,se and factional sounds constitute contributing factors to the lack of articulation of the speech sending sound by the 
bo e condu r Son and the formation of abnorma. sound, On the other hand, "speech" passes ^^^Si 
tube 13 and is picked up as an air-conducted sound signal by the directional microphone 15, from wh.ch , t s apphed to 
tne ampLr 21 A via the terminal T A . The air-conducted sound by a talker's speech ,s a human vo.ce .tself, and hence 
to contains freauency components spanning low and high frequency bands. „ij 
«S S embodiment, as described in the afore-mentioned Japanese Utility Model Reg.str at^n Apphcat.on L ,d- 
Open Gazette the high-frequency components of the bone-conducted sound from the ampler 21 B are amoved by 
SelL pass fi ter 228 to extract the low-frequency components alone and this bone-conducted sound s^na having the 
high freSuency components thus cut out therefrom is mixed with an air-conducted sound signal hav.ng cut out the e- 
from the low-frequency components by the high-pass filter 22A. By this, a speech sending s.gnal s generated which 
hrcompensaS for the degradation of the articulation which wou.d be caused by the lack of the high-frequency com- 
ponentTwhente Ipeech sending signa, is composed only of the bone-conducted sound signal. Besides according o 
the present invention the processing for the generation of such a speech sending signal .s automatically controlled to 
b 'oXTln^tance with each of the states shown in Fig. 4, by which it is possible to generate a speech sending 
signal oH e best tone quality on the basis of time-varying ambient noise and the speech 

[0023] The noise levels at the directional microphone 1 5 and the omnidirecfona. m.crophone 16 can be reo^jted as 
about the same level as referred to previously; but. because of a difference in their directional sensitiv. ty character* .c, 
the ^ectionaTmicrophone 15 picks up a smaller amount of noise energy than does the omnidirecbonal m.crophone 16, 
and hent TpSes a higher SN raJsince the gains G A and Gu of the amplifiers 21 A and 21 U are predeter m,e so 
that their output noise levels become nearly equal to each other as mentioned previously, the ga.n G A of the amplifier 
21 A is kept sufficiently larger than the gain Gu of the amplifier 21 U. Hence, the user's speech Signal .s amplified by the 
amplifier 21 A with the large gain G A and takes a level higher than the noise s.gnal level. 

[0024] The comparison/control circuit 24 compares, at regular time intervals (1 sec, for instance), the outputs from 
he^pass fL 22B (for the bone-conducted sound) and the high-pass filter 22A (for the air-condu s°und) wah 
the reference levels V RB and V RA . respectively, to perform such control operations as shown .n F.g. 4. At first the char- 
S ^—Keclr oHhe present invention immediately after its assembling is 
by setting the losses L B and L A of the variable loss circuits 25B and 25A to initial values L BO and L A q so that the level 
oHhe So'ducted sound signal to be input into the mixer 26 is higher than the level of the bone-conduc ed sound s^g- 
na by 3 to 10 dB when no noise is present (State 4 in Fig. 4). The reason for this is that ,t ,s preferable ,n terms of art.c- 
55 ulation that the air-conducted sound be larger than the bone-conducted one under circumstances where no noise ,s 

foMS] *" Next, a description will be given of the actual state of use in which the levels of the bone-and air-conducted 
sound signals vary every moment. 
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(a) When the output (the bone-conducted sound signal) from the low-pass filter 22B is not present (State 3 or 4 in 

Fi9 ' rL comparison/control circuit 24 compares the output level V A of the high "Pass filter 22 A with the reference 
level V RA When the output from the high-pass filter 22A is smaller than the reference level V RA (State 4), the com 
ZmZ^cWcu* 24 decides that noise is not present or small and that no talks are being earned out and se s 
SESSE^Sbto loss circuits 25B and 25A to the afore-mentioned initia. values L BO and L*> respect.ve.* 
Whin this sLte changes to the talking state (State 1), a mixture of the bone-conducted sound s.gnal composed of 
ZSS^fX^ and the air-conducted sound signal composed of high-frequency components . pro- 
vided as the speech sending signal S T at the output of the mixer circuit 26. 

hZx when the output level V B of the low-pass filter 22B is smaller than the reference level V RB and he output 
.evelToHhe h gh-pass filter 22A B is larger than the reference level Vra (State 3), the companson/controh circuit 24 
decides SaV no talks are being carried out and that ambient noise is large. In this instance the companson/con o 
cSt 24 applies a control signal C A to the variable loss circuit 25A to set its loss L A to a value larger than the imt.al 
vaTue L A0 ^1 to the difference between the output leve. V A of the high-pass filter 22A and the reference 
level value Vra as expressed by such an equation as follows: 



L A = T(V A -V RA > / V J K + L A 



(1) 



where K is a predetermined constant and the notation M represents the smallest integer neater than x. Alterna- 
S» is Possible to increase the loss L A by a constant K on a stepwise basis each time the level d-fference (V A - 
V RA )'increases by a constant V M , as expressed by the following equation. 

L A = K(V A -V RA ) + L AO < 2 > 

When the output from the low-pass filter 22B becomes larger than the Terence level > ^that 
State 3 chances to the talking state (State 1), the losses of the variable loss circuits 25A and 25B are not changed 
but are £Z%£v!L set in the immediately preceding State 3. By this, the bone-conducted sound s.gnal com- 
posed oSwlquency components and the air-conducted sound signal of the same level as or lower than the leve 
oHhe bone conaucted sound signal and composed of high-frequency components are m.xed by the m.xer c rcurt 
26 into the ^speecS sending signal S T . In this case, it is also possible to hold the loss of the vanabie loss circu.t 25A 
S^^SSZth! ,os 9 s of the variable .oss circuit 25B so that the mixed output .eve. of the m.xer crcu-t 26 

!^5?S^ —d signal) level V B of the ,ow- P ass filter 22B is .arger than the refer- 

6,10 ThelomTaSon^n^ St 2 checks the output leve, V A of the high-pass fi.ter 22A and, if it is smal.er than 
the reference level V RA (State 2). determines that no talks are being carried out and that the m.crophone 14 .s pick- 
ng J^SliSdi. .n such an instance, the comparison/control circuit 24 applies a ^.gnaJC^e 
lariaole loss circuit 25B to set its loss L B to a value greater than the initial value L BO in proportion to the d fference 
TetweLn ?he o^ut level V B of the low-pass filter 22B and the reference level V RA , as expressed by the follow,ng 
equation. 

L B = K(V B -V RB ) + L B0 < 3 > 
Alternatively, as is the case with the above, the loss L B may be controlled as expressed by the following equa- 

tion. 

L B = l"(V B -V RB ) / V M 1 K + Lbo (4) 



When the output level V A of the high-pass filter 22A becomes larger than the reference level V RA , that » when 
this State 2 changes to the talking state (State 1), the losses of the variable loss crcurts 25A and 25B are held 
unchanged and Sence are kept at the values set in the immediately preceding State 2. An air-conducted sound 
siqnarrmposed of high-frequency components and a bone-conducted sound signal of a leve. set ,n accordance 
X^*^ V B of the low-pass fL 22B and composed of low-frequency components are mixed together 
CJhe mixer circuit 26. In this instance, it is also possible to hold the loss of the variable loss circuit 25B unchanged 
anJ contS the loss of the variable loss circuit 25A so that the output level of the mixer arcu.t 26 may assume the 
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afore-mentioned predetermined fixed value. 

r00261 Next when the output level V A of the high-pass filter 22A is larger than the reference level Vra (State 1) the 
complison^nTol circuit 24 decides That the state is the talking state, and causes the variable loss circuits ,25 .and 
25Ato hold losses set in the state immediately preceding State 1. As a result, bone- and a,r-conducted sound signals 
of fevei! "conSed in Accordance with the losses' held unchanged are mixed by the mixer circuit 26, which provides the 

Tn n cStaChe T variab.e loss circuits 29T and 29R and the comparison/control circuit 28 are provided to . up, 
oress the generation of an echo and howling which result from the coupling of the speech send.ng system and the 
SZ^^r^m. The ear-piece type acoustic transducing part 10 has the following two primary ^contnfc rtng 
^ZZZZWQ which leads to the generation of howling. First, when the transmitter-reoe.ver assembly .s appl.ed 
o a telephone set a two-wire/four-wire junction at a telephone station allows the speech send.ng signal to sneak as an 
elec trical echotnto thT speech receiving system from the two-wire/four-wire junction, providing the coupl.ng (s.detone) 
S^iJS^Unl. Second, a speech receiving signal is picked up by the bone-conducted sound P^upm.cro- 
phone 14 or directional microphone 15 as a mechanical vibration from the receiver 17 via the ^l"^"^ 
Sides the coupling between the two systems. Such phenomena also occur in a loudspeaking telephone system which 
aSs use? o communicate through a microphone and a loudspeaker without the need of ho ding a handset. I nto 
fnstence however, the cause of the sneaking of the received sound into the speech sending system ,s not the mechan- 
ical vibration but the acoustic coupling between the microphone and the speaker through the a.r. 
S.281 This problem could be solved by known techniques such as a method for the suppress.on of howl.ng in the 
oudspeaS^e ephone system. The configuration by the comparison/control circuit 28 and the variable loss circuits 
29T and 29R is an example of such a prior art. The comparison/control circuit 28 monitors the output leve. V T of the 
miler cfrcutt 26 and tS signal level V R at a received speech input terminal 20R and, when the speech rece.v.ng s.gnal 
TeTv" is lamer han a predetermined level V RR and the output leve. V T of the mixer circuit 26 is smaller than a prede- 
ermine'd evefv RT the circuit 28 decides that the transmitter-receiver is in the speech receiving state, and sets a pre- 
dete mined loss Z In the variable loss circuit 29T, reducing the coupling of the speech rece.v.ng s.gnal to the speech 
^dirritem When the output level V T of the mixer circuit 26 is larger than the predetermined leve V RT and the .nput 
eve 7 R at he speech receiving signa. input terminal 20R is lower than the predetermined level V R * he . eompj , 
son control circuit 28 decides that the transmitter-receiver is in the talking state, and sets a predetermined loss L R .n he 
varSe loss circuit 29R, suppressing the sidetone from the speech receiving system. When the output level V T of the 
Ser clrS^6 and the nput level V R at the speech receiving signal input terminal 20R are higher than the predeter- 
mined levels v ' and V RR respectively, the comparison/control circuit 28 decides that the transmitter-receiver .s .„ a 
TubtSstaS and sels n the variable loss circuits 29T and 29R losses one-half those of the above-menfoned pre- 
determined vaiues L T and L R , respectively. In this way, speech with great clarity can be sent to the other party ,„ accord- 
ance with the severity of ambient noise and the presence or absence of abnormal noise. 

?00«T According to the first embodiment described above, a mixture of the bone-conducted sound s.gnal composed 
^LTouS^uency components and the air-conducted sound signal composed principally of h^h-frequency 
ZSents is used as the speech signal that is sent to the other party. Moreover, the ratio of mixture of the two s.gnaU* 

automat tally varied with the magnitude of ambient noise and the abnormal sound picked up by the 
Th!s permits the implementation of a transmitter-receiver which can be used in a "Klh^ e^ronm^oJv,rt *s such 
defects of the prior art as low clarity or articulation and discomfort by abnormal sound, and allows hands-free commu- 

S nS 'ln the embodiment depicted in Figs. 1 and 2, the comparison/control circuit 24 and «^^ d ^ 
25A and 25B may be dispensed with, and even in such a case, the noise level can be appreciably suppressed by the 
operaJons of the directional microphone 15, the omnidirectional microphone 16 and the amp,, ers 21A and 21 B and 
the noise suppressor circuit 23 which form the noise suppressing part 20N; hence. . is possible to obta.n a tansm«er- 
receiver of higher speech quality than in the past. Alternatively, the omnidirectional m.crophon • «. *e« *P £2111 
and the noise suppressor circuit 23 may be omitted, and in this case, too, the processing for the generation <**» o&- 
mum speech sending signal can automatically be performed by the operations of the companson/control c.rcuit 24, the 
so variable loss circuits 25A and 25B and the mixer circuits 26 in accordance with the states of signals '^ed. 

[0031] Next, a detailed description will be given, with reference to Figs. 5 through 9, of a second embod.ment of the 
transmitter-receiver according to the present invention. 

0032? Fig 5 illustrates in block form the transmitter-receiver according to the second embod.ment of the invention^ 
The bone-conducted sound pickup microphone 14, the directional microphone 15 and the recover 17 are provided .n 
55 such an ear-piece type acoustic transducing part 10 as depicted in Fig. 1. In this embodiment, the a,r-conduc ed sound 
signa? from the directional microphone (the air-conducted sound pickup microphone 1 5 and the bone-conducted sound 
s gnal from the bone-conducted sound pickup microphone 14 are fed to an air-conducted ^^^T?^ 
a bone-conducted sound dividing circuit 31B via the amplifiers 21A and 21B of the transmittmg-receivmg crcuit 20, 
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respectively As is the case with Fig. 2, the gains of the amplifiers 21A and 21 B are preset so that .nput a.r-and bone- 
conduc ed sound signals of a vocaT sound uttered in a no-noise environment may have about the same level. The a r- 
ZTuc ed sound dividing circuit 31A divides the air-conducted sound signal from the directional , rmooph one 5 nto 
S though n th frequency bands and applies the divided signals to a comparison/control circuit 32 and signal se ect 
c ISlrough 33 n . tL bone-conducted sound dividing circuit 31 B divides the bone-conducted sound signal from 
STb^iSoSL sound pickup microphone 14 into first through n-th frequency bands and appl.es the divided «g- 
^ne^P-rimmtomil circuit 32 and the signal select circuits 33, through 33 n . In the present ,nventK>r , the ^air- 
and bone conducted sound signals need not always be divided (i.e. n = 1 ), but when div.ded ,nto frequency bands, they 
are d£7« ? for example, everyone or one-third octave, or into high and low bands, or high, intermed.ate and low bands 
r00331 A received signal dividing circuit 31 R divides the received signal S R from an external line circuit v.a the input 
Sal 20?into first through n-th frequency bands and applies the divided signal to the comparison/control circuit 32. 
nr.mwSrt. the comparison/control circuit 32 is such one that converts each input signal into ^ dig ft = . 
an A/D converter (not shown), and performs such comparison and control operations by a CPU (not shown) as 
deseed ^beTow That is, the comparison/control circuit 32 calcu.ates an estimated value of the ambient no.se level for 
each frequency band on the basis of the air-conducted sound signals of the respective bands from the a.r-conducted 
31 A, the bone-conducted sound signals of the respective bands from the bone-conducted sound 
dling circu? 31B and the received signals of the respective bands from the received signal d,vld 7 t c ' rcult ^- e T s h h e 
clSison/control circuit 32 compares the estimated values of the ambient noise levels w.th a predetermined thresh- 
3^ a reference value for selection) N th and generates contro. signals CI to C^J^- 
the basis of the results of comparison. The control signals C1 to Cn thus produced are applied to the signal se ec cir 
Site 33* to 33 n respectively. The signal select circuits 33, to 33 n respond to the control signals C1 to Cn to select the 
ailnduSed ound signals input from the air-conducted sound dividing circuit 31 A or the bone-conducted s ound s,g- 
nals Tom the bone-conducted sound signal dividing circuit 31B, which are provided to a signal combining c.rcurt 34. The 
Snl caning circuit 34 combines the input speech signa.s of the respective frequency bands, taking .nto account 
t^e balance between the respective frequency bands, and provides the combines signa. to the speech transm.tting out- 
put terminal 20T. The output terminal 20T is a terminal which is connected to an external line circu.t. 
[0034 Fig. 6 is a graph showing, by the solid lines 3A and 3B, a standard or normal relationsh.p between th .ton. 
quality (evaLed in terms of the SN ratio or subjective evaluation) of the air-conducted sound signal pick* up by the 
Trecfional microphone 15 and the ambient noise level and a standard or normal relat.onship between t he tone quality 
o the bone Indited sound signa. picked up by the bone-conducted sound pickup microphone and ™" 
Lei The ordinate represents the tone quality of the sound signals (the SN ratio in the circuit, for instance) and the 
abscissa the noise level. As indicated by the solid line 3A, the tone quality of the air-conducted sound signal p.cked up 
by the directional microphone 15 is greatly affected by the ambient noise leve.; the torn .quality .s serious^ > degraded 
when the ambient noise level is high. On the other hand, as indicated by the solid line 3B, the tone quality of the bone- 
TonduSd "signal picked up'by the bone-conducted sound pickup microphone " >. 

ence of the ambient noise level; degradation of the tone quality by the high noise level is relatively small. Hence the 
Seech ^endCsignal S T of good tone qua.ity can be generated by setting the noise leve. at the intersection of he two 
soHd tes 3A a 9 n S d 9 3B as the threshold value and by selecting either one of the air-conducted sound signal p.c ed 
up by he directional microphone 15 and the bone-conducted sound signal picked up by «"? 7"J 
pickup microphone, depending upon whether the ambient noise level is h.gher or .ower ^J^,*^^ 
was experimentally found that the threshold value N th is substantially .n the range of 60 to 80 d BA. The ^ter.sl cs 
indicated by the solid lines 3A and 3B in Fig. 6 are standard; the charactenst.es vary within ^ £ 
broken lines 3A" and 3B' in dependence upon the characteristics of the m.crophones 14 and 15, the preset gans of he 
ambers 21 A and 21 B and the frequency characteristics of the input speech signals, but they remain ,n parallel to the 
solid lines 3A and 3B, respectively. The solid lines 3A and 3B are substantially straight. ... . 

The relationship between" the tone quality of the air-conducted sound signal by the dir ect J"- m«op^ « 
and the ambient noise level and the relationship between the tone quality of the bone-conducted sound signal by the 
bl-conducted sound pickup microphone 14 and the ambient noise .evel differ with the respective frequency 
Forthis reason according to this embodiment, the sound signals are each divided into respective frequency bands and 
eUhfr one of the a ir . aJbone-conducted sound signals is selected depending upon whether the measured ambien 
noTse level 2 higher or lower than a threshold value set for each frequency band-this provides improved tone quality of 

roO^To^Selren the air- and bone-conducted sound signals in accordance with the ambient noise leveU is 
necessary to calculate an estimated value of the ambient noise level. Fig. 7 is a graph show.ng, by the solid line 4BA, 
a sta da d Ltionship of the ambient noise leve, (on the abscissa) to the leve. ratio (on the £'^»»^ n ^ 
ent noise signal picked up by the directional microphone 1 5 and an ambient noise signal by the bone-conducte I sound 
pickup microphone 14 in the listening or speech receiving or silent duration. Fig. 8 ,s a graph showing, " 8 
5BA a standard relationship of the ambient noise level to the level ratio between a s.gnal (the a,r-conducted sound s.g- 
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nal plus the ambient noise signal) picked up by the directional microphone 15 and a signal (the ^one-conducted sound 
signal plus the ambient noise signal) by the bane-conducted sound pickup microphone 15 in the talking or double-lalk- 
S duration A S shown , n Figs. 7 and 8, the characteristic in the listening or silent duration and the character* tic .n he 
ttCTdoXwklna duration differ from each other. Hence, the level V A of the air-conducted sound signal from he 
di ectbnal microphone 15. the level V B of the bone-conducted sound signal from the bone-conducted sound p.ckup 
m crophone 5 and the level V R of the received signal from the amplifier 27 are compared with the reference level val- 
Zs T Trb and V RR , respectively, to determine if the transmitter-receiver is in the listening (or silent) state or m the 
talking^ double-talk^) state. Next, the level ratio V B /V A between the bone-conducted sound signal and the a,r-con- 
du cted sound signals picked up by the microphones 1 4 and 1 5 in the listening or silent state ,s calculated, and the noise 
evefat that time is estimated from the level ratio through utilization of the straight line 4BA in F,g. 7. Depend.ng upon 
whether the estimated noise level is higher or lower than the threshold value N th in Fig. 6 the s.gna. select arcu,ts 33, 
to 33 n each select the bone-conducted sound signal or air-conducted sound signal. S.m.larly the level ratio V B /V A 
between the bone-conducted sound signal and the air-conducted sound signal in the talking or 
is calculated, then the noise level at that time is estimated from the straight line 5BA .n F,g. 8, and the bone-conducted 
sound signal or air-conducted sound signal is similarly selected depending upon whether the estimated no.se level « 
above or below the threshold value N th . 

[0037] Next, the operation of the transmitter-receiver will be described. Incidentally, let is be assumed that there are 
□restored in a memory 32M of the comparison/control circuit 32 the reference level values V RA , V RB and V RR , the 
threshold value N th and the level ratio vs. noise level relationships shown in Figs.7 and 8. Since the speech s.gna* > and 
h deceived signals divided into the first through n-th frequency bands are subjected to exactly the same pressing 
until they are input into the signal combining circuit 34. the processing in only one frequency band will be descnbed 
using reference numerals with no suffixes indicating the band. 

[0038] The comparison/control circuit 32 compares, at regular time intervals (of one second, for example . the eve* 
V 4 V„ and V R of the air-conducted sound signal, the bone-conducted sound signal and the received s.gnal mput from 
the air-conducted sound dividing circuit 31A. the bone-conducted sound dividing circuit 31 B and ^^tvTv 
dividing circuit 31R with the predetermined reference level values Vra , V rb and V RR , respectively When the level V R 
of the received signal S R is higher than the predetermined value V RR and the level V A of the a.r-conducted sound s.gnal 
p ied up by the directional mLphone 1 5 and the level V B of the bone-conducted sound signal by the bon»eonduc* ad 
sound pickup microphone 14 are smaller than the predetermined values Vra and V RB reepec lively the compari- 
son/control circuit 32 determines that this state is the listening state shown in the table of F,g. 9 When the level V R of 
Z r^le* signai level V R is smaller than the predetermined value V RR and the levels V A and V B of he a,r-conduc ted 
sound signal and the bone-conducted sound signal are both smaller than the predetermined values anc V RB , he 
circuit 32 determines that this state is the silent state. In these two states the comparison/control circuit 32 orates 
the level ratio V B /V A between the air-conducted sound signal from the air-conducted sound drviding crcu.t 31A and the 
bone-conducted sound signal from the bone-conducted sound dividing circuit 31B Based on the ' £jl 
ration, the comparison/control circuit 32 refers to the relationship of Fig. 7 stored in he memory 32M to obtain an esti- 
mated value of the corresponding ambient noise level. When the estimated value of the ambient noise evel is ; smarter 
than the threshold value N th shown in Fig. 6. the comparison/control circuit 32 supplies the s.gnal select circuit 33 w.th 
a Control signal C instructing it to select and output the air-conducted sound signal input from the a,r-conductec I sound 
dividing circuit 31 A. When the estimated value of the ambient noise level is greater than the threshold value N th , the 
comparison/control circuit 32 applied th control signal C to the signal select circuit 33 to instruct it to select and output 
the bone-conducted sound signal input from the bone-conducted sound dividing circuit 31 B. 

[0039] On the other hand, when the received signal level V R is smaller than the reference level value V RR and the 
evels V A and V B of the air-conducted sound signal by the directional microphone 15 and the bone-conducted sound 

45 signal bj the bone-conducted sound pickup microphone 14 are larger then the predetermined reference evel values 
V RA and I V RB , the comparison/control circuit 32 determines that this state is the talking state shown ,n the table of F.g. 
9 When the received signal level V R is larger than the reference level value V RR and the levels V A and V B of the a.r- 
conducted sound signal and the bone-conducted sound signal are largerthan the predetermined reference level values 
V RA and V RB , the comparison/control circuit 32 determines that this state is the double-talking state. In these two states 

50 the comparison/control circuit 32 calculates the level ratio V B /V A between the bone-conducted sound s.gnal and the a.r- 
conducted sound signal and estimates the ambient noise level N through utilization of the relationsh.p of F.g. 8 stored 

rau40] me w O he y n 3 the thus estimated value of the ambient noise level N is smaller than the threshold value N th shown in 
Fig 6 the comparison/control circuit 32 applies the control signal C to the signal select circuit 33 to cause ,t to select 
55 and output the air-conducted sound signal input from the air-conducted sound dividing c.r cu.t 31/^When t he estimai ted 
value N of the ambient noise level is greater than the threshold value N th . the circuit 32 appl.es the control signal C to 
the signal select circuit 33 to cause it to select and output the bone-conducted sound signal input from the bone-con- 
ducted sound dividing circuit 31 B. 
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[0041] The comparison/control circuit 32 has, in the memory 32M for each of the first through n-th frequency bands 
rpredeterm^ed threshold value N th shown in Fig. 6 and the level ratio vs. noise level relationships representing the 
^^^ra^teflc lines 4BA and 5BA shown in Figs. 7 and 8. The comparison/control c.rcu.t 32 performs the same 
S^?lTS3^-ba« and applies the resulting control signals C1 to Cn to the signal select crcuUs 33, o 
P 3rThTsignarrmbining circuit 34 combines the speech signals from the signal select circuits 33, to 33 n , taking into 
account the balance between the respective frequency bands. 

T00421 While in the above the embodiments have been described to estimate and compare the noise level w,th the 
Sold value and control the signal select circuits 33, to 33 n accordingly in any state d e sen be in the a^rf ^ 
t iTalso possible to employ a scheme that estimates the noise level only in the silent or l.sten.ng state and uses the thus 
JZ£Z£^^JLa control in the talking state and the double-taking state. In such an instance the charac- 
SsTic data of Fig 8 need not be stored in the memory 32M. In contrast to this, the estimation o the no,se level may 
be made only in the talking or double-talking state, in which case the estimated noise level ,s used for control ,n the talk- 
ina or double-talkina state. In this instance, the characteristic data of Fig. 7 is not needed. 

00431 IncidenSy the double-talking duration and the silent duration are shorter than the talking or ,sten,ng duirton 
Vantage may also be taken of this to effect control in the double-talking state and in the silent state by use of the 

SSf l^^^^Sto^ signa, picked up by the bone-conducted sound pickup micro- 
phone ^abnormally high, it can be considered that noise is made by the friction of cords or the like; hence, it ,s effec- 
tive to select the air-conducted sound signal picked up by the directional microphone 15. 
20 mil] TtZ Le where the estimated noise level N is compared with the threshold value N m or each frequency 
band Ld the air-conducted sound signal picked up by the directional microphone 15 is switched to the bone-conduct , 
sound signal by the bone-conducted sound pickup microphone 14 on the basis of the result of comparison as ; descnbed 
pSuTwith reference to the Fig. 5 embodiment, the timbre of the speech being sent may sometimes undergo an 
abrupt chanqe making the speech unnatural. To solve this problem, an area N w of a fixed w,dth as indicated by N and 

threshold value N th of the ambient noise level shown in Fig. 6; when 
N is within the area N w . the air-conducted sound signal from the directional microphone 15 and the bone-conducted 
sound signal from the bone-conducted sound pickup microphone 14 are mixed in a rat,o corresponding to the no»e 
feve" and" when the estimated noise level N is larger than the area N w . the bone-conducted sound signal is selected 
and when the estimated noise level is smaller than the area N w , the air-conducted sound signal is ^elected. By th,s, ,t 
is possible to reduce the abrupt change in the timbre prior to or subsequent to the switching 

100461 The modification of the Fig. 5 embodiment for such signal processing can be effected by using, for example a 
^J£^!S%^ in h- 10A in place of each of the signal select circuits 33, to 33 n . In this examp e, the 
cor pond ng aLonducted sound signal and bone-conducted sound signal of each frequency band are applied to 
va ZToss circuits 33A and 33B, respectively, wherein they are given losses L A and L B set by control signals C A and 
C B from Ihe companson/control circuit 32. The both signals are mixed in a mixer 33C and the mixed signal » applied to 

^h^ 

need only to be determined as shown in Fig. 10B, for instance. For the brev,tys sake, setting I N th - (N + N )/2 the 
area wSth To D = N + - N * , the minimum values L AO and L B0 of the losses L A and L B to 0 dB, respectively, and their 
maxim! values L AMAX and L BMAX to the same L MAX dB, the loss L A in the area N w can be expressed, for example, 

by the following equation. 

L A =l(L AM ^-L AO ) + ^^(N + N th)+ L^ W 

- L \U^\ 
"**- MAX|2 D J 

so [0048] Similarly, the loss L B can be expressed by the following equation. 

*- B MAX |2 D j 

55 

[0049] The value of the maximum loss L MAX is selected in the range of between 20 and 40 dB. and the widl * ,D oHhe 
area N w is set to about 20 dB. for instance. When the estimated noise level N is larger than the area N w . the bone-con- 
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ducted sound signal is given any loss (L B = 0) and is applied intact to the mixer 33C. On the other hand, the air-con 
Sue ed sound signal is not given the loss L MAX but instead the variable loss circuit 33A is opened to, 
Similarly, when the estimated noise level N is smaller than the area N w , the a.r-conducted sound ^nahs not given any 
Toss (La = 0) and is fed intact to the mixer 33C, whereas the bone-conducted sound s,gnal is cut off by opening the var- 
iable loss circuit 33B. The comparison/control circuit 32 determines the losses L A and L B for each band as desenbed 
and sets the losses in the variable loss circuits 33A and 33B by the control signals C A and C B . 
[00501 With such signal processing as described above, it is possible to provide smooth timbre variations of the 
speech being sent when the air-conducted sound signal is switched to the bone-conducted sound s.gna or -v.ee versa. 
ES^KTlevel. of the air-conducted sound signal and the bone-conducted sound signal input into the variable 
iTcircu ts 33A and 33B are nearly equal to each other, the output level of the mixer 33C is held substant.aHy constant 
before and afte r the switching be tween the air- and bone-conducted sound signals and the output .eve. ,n the area N w 
is 2 o heW substantia,* constant, ensuring smooth signal switching. Incidentally the signal sefec Process^bj . the 
sianal select circuits 33, to 33 n , in Fig. 5 corresponds to the case where the width D of the area N w .s set to zero ,n he 
Zesstgt the Modified embodiment depicted in Figs. 1 0A and 10B. Hence, it can be said, in a broad sense, that the 
signal select circuits 3 3l to 33 n , also contribute to the mixing of signals on the basis of the estimated no.se level. 
[0051] nVhe above, when the estimation of the ambient noise .evel may be rough, it can be estimated by . , aver- 
aae values of the characteristics shown in Figs. 7 and 8. In this instance, the received signal d.v.dmg circurt 31 R can be 
Sensed with When the estimation of the ambient noise level may be rough, it can also be estimated by using only 
the speech signal from the directional microphone 14. 
20 00521 Fiq 1 1 illustrates in block form a modified form of the Fig. 5 embodiment, in wh,ch as .s the case with the firs 
embodiment of Figs 1 and 2, the omnidirectional microphone 16, the amplifier 21U and the noise suppressing circuit 
^3 are provided in association with the direction microphone 15 and the output from the no.se suppressing circu J 23 s 
fed Z an air-conducted sound signal to the air-conducted sound dividing circuit 31A. Th.s embodiment .s identica in 
instruction wSh the Fig. 5 embodiment except the above. In this embodiment, when the transm.tter-rece.ver is ,n the 
S or stening state, a switch 35 is opened and only the air-conducted sound signal provided via the amphfier -21 U 
from the omnidiLtiona. microphone 16 is applied to the noise suppressing circuit 23, from which it « fed intact t the 
inducted sound dividing circuit 31 A. and the air-conducted sound signals divided into respective »nd. 
are applied to the comparison/control circuit 32. As in the Fig. 5 embodiment, the co "Parison/confrol •£ 
mates L ambient noise ievels through utilization of the relationships shown ■„ F.g. 7 and Jsed on the e^ «d lev- 
els, generate the control signals C1 to Cn for signal selection (or m.x.ng use .n the case of us.ng the F «• ^ « rc "* 
configuration), which are applied to the signal select circuits 33, to 33 n (or the s.gnal m.xing circuit 36^ Arter th s the 
sw^ch 35 is turned ON to pass therethrough the air-conducted sound signal from the d.rect.onal microphone 15 to the 
n^e sup re "g circuit k in which its noise components are suppressed, and then ^-^^^ 
is fed to the air-conducted sound dividing circuit 31A. This is followed by the speech send.ng s.gnal processing by the 
same signal selection or mixing as described previously with respect to Fig. 5. - h Atnr . nmB .rt 

[0053] Although in the embodiments of Figs. 5 and 1 1 the comparison/control circuit 32 has been desenbed to convert 
the signals input thereto to digital signals and generate the control signals C1 to Cn on the basis of the level rat™e 
^relationships stored in the memory 32M, the comparison/control circuit 32 may also be formed as an analog c r- 
rTfor examole as depicted in Fig 12. In Fig. 12 there is shown in block form only a circu.t portion corresponding to 

e o^the divided subbands A pa'of corresponding subband signals from the air-conducted 
cuit 31A and the bone-conducted sound signal dividing circuit 31B are both applied to a level ratio circu.t 32A and a 
comparison/logic state circuit 32E. The level ratio circuit 32A calculates the level ratio L B /L A between the bone- and a.r- 
e^ductersound signals in an analog fashion and supplies level converter circuits 32B and 32C with a signal of a level 
corresponding to the calculated level ratio. - . ,_ . - T . . . 

f 0 054] The level converter circuit 32B performs a level conversion based on the relationship shown in Fig. 7 That -s, 
when supplied with the level ratio V B /V A . the level converter circuit 32B outputs an estimated no.se level N cormspond- 
Tq thereto and provides it to a select circuit 32D. Similarly, the level converter circuit 32C performs a level conversion 
as or th Relationship shown in Fig. 8. That is, when supp.ied with the ieve, ratio V B /V A , *• ^ '^J'^ 
32C outputs an estimated noise level corresponding thereto and provides it to the select circuit 32D. On the other hand 
the comparison/state logic circuit 32E compares the levels of the corresponding air- and ^^^^ 
of the same subband and the level of the received speech signal with the reference levels V RA , Vr B and V RR respec- 
ZZ to make a check to see if these signals are present. Based on the results of these checks, «teeom^^ 
oaic circuit 32E applies a select control signal to the select circuit 32D to cause it to select the output from the Ieve 
Se'fer circuH 32B in the case of State 1 or 2 shown in the table of Fig. 9 and the output from the level converter crcu.t 

" ?00 C 55] ^seleS^ 3°2D supplies a comparator circuit 32F with the estimated noise level N ^ J™"^ 
o the select control signal. The comparator circuit 32F compares the estimated no.se level N with the threshold level 
N th and^vides 7e result of the comparison, as a control signa. C for the subband concerned, to the corresponding 
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one of the signal select circuits 311 to 31n in Fig. 5 or 11. In this instance, it is also possible to make a check to ^deter- 
mine if the estimated noise level N is within the area N w or high or lower than it as described previously w.th respect to 
Fig 10B M« eaTof comparing the estimated noise level N with the threshold value N th ; if the estimated nom££N 
fs within the area N w , the control signals C A and C B corresponding to the difference between the estimated no., level 
N aL the thresho.dtevel N th , as is the case with Eqs. (5) and (6). are applied to the signal mixing circuit of he F g. 1 0A 
configuration to cause it to mix the air-conducted sound signal and the bone-conducted sound signal, when the est, 
m^tedToise level N is higher than the area N w , the bone-conducted sound signal is selected and when the estimated 
noise level N is lower than the area N W . the air-conducted sound signal is selected. 

[0056] As described above, according to the transmitter-receiver of the embodiment shown in each of Figs. 5 and 1 1 
he ai -conducted sound signal picked up by the directional microphone and the bone-co nducted sound sign II by the 
bone conducted sound pickup microphone are used to estimate the ambient noise level and. on the basis of the mag- 
^e" STSlmated noise level, either one of the air-conducted sound signal and the bone-conducted sound s.gnal 
is selected or bor 0 7the signals are mixed together, whereby a speech sending signal of the best tone qua ,ty can be 
r n e"ted Thus the communication device of the present invention is able to transmit speech sending signals of excel- 
fenuone quanty. precisely reflecting the severity and amount of ambient noise regardless of whether the device ,s in the 

loS °Wh?etthe t first and second embodiments the transmitting-receiving circuit 20 is described to be provided out- 
5e else 11 of the ear-piece type acoustic transducing part 10 and connected thereto via the cord 8. it ,s ev,dent 
that the transmitting-receiving circuit 20 may be provided in the case 1 1 of the acoust.c transducing part 1a 
[0058] It will be apparent that many modifications and variations may be effected without departing from the scope of 

the novel concepts of the present invention. 



Claims 



1 . A transmitter-receiver comprising: 

acoustic transducing means composed of a bone-conducted sound pickup microphone (14) for P^ing UP a 
bone-conducted sound, a directional microphone (15) for picking up an air-conducted sound, an omnidirec- 
tional microphone (16) for detecting noise, and a receiver (17) for transducing a received speech signal to a 
received speech sound; . . . u „ rtllt 

a low-pass filter (22B) which permits the passage therethrough of those low-frequency components in the out- 
put from said bone-conducted sound pickup microphone which are lower than a predetermined cutoff fre- 

aNghiass filter (22A) which permits the passage therethrough of those high-frequency components in the 
outputs from said directional microphone (15) and said omnidirectional microphone (16) which are h.gher than 

said cutoff frequency; , . . . ru 

a combining circuit (26) which combines the outputs from said low-pass filter and said high-pass filter and out- 
puts a speech sending signal; and 

means (27) for supplying said received speech signal to said receiver; 

characterized in that ... . ab j „ ; j 

a noise suppressing part (20N) which combines the outputs from said direct.onal microphone 15) and said 
omnidirectional microphone (16) to suppress a noise component, wherein said high-pass filter (22A) passes 
the high-frequency components in the output from said noise suppressing part to sa.d combining circuit (26). 

2 The transmitter-receiver of claim 1 . which further comprises: first and second variable loss circuits (29T 29R) con- 
nected to the output side of said combining circuit and the input side of said received speech signal supplying 
me ns, for controSing the levels of said speech sending signal and said received speech signal JJ^^ 
a comparison/control circuit (28) which compares the level of said speech send.ng sign fe o a ^ fi rst variab^ 
loss circuit (29T) and the level of said received speech signal fed to said second variable loss circuit (29R) with pre 
deterged Sand second reference levels, respectively, and on the basis of the results of comparison, controls 
the losses that are set in said first and second variable loss circuits (29T, 29R). 

3 The transmitter-receiver of claim 1 or 2, wherein said noise suppressing part (20N) comprises, a first amplifier 
KIAfor amplifying said air-conducted sound signal; a second amplifier (21U) for amplifying said noise compo- 
nent detected by said omnidirectional microphone (16); and a noise suppressor circuit (23) wh.ch adds together 
the outputs from said first and second amplifiers in a 180" out-of-phase relation to each other to generat , .„ a ,r- 
conducted sound signal with said noise components suppressed and applies it to said high-pass filter (22A). 
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FIG. 10A 
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